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TABLE I
SWITCHING SNR’S FOR SPEECH AND COMPUTER DATA SYSTEMS THROUGH A
RAYLEIGH CHANNEL,S HOWN IN INSTANTANEOUS CHANNEL SNR (dB)
TO ACHIEVE MEAN AND PEAK BER’SO F1 ￿ 10￿2 AND 1 ￿ 10￿4
In contrast to previous studies on modem spectral efﬁciency,
where conventional ﬁxed modems were used, in [3] the
radio capacity of adaptive differentially detected noncoher-
ent modems was studied by simulation using various radio
cell constellations and a propagation prediction tool, while
Alouini and Goldsmith in [16] derived theoretical expressions
for the [bits/s/Hz/m ] capacity of adaptive modems. Further
capacity-related work by the CalTech team was disseminated
in References [13]–[16], while their contributions on adaptive-
coded modulation were crystalized in [17]. Speciﬁcally, the
simulation and theoretical results by Goldsmith and Chua
showed that a 3-dB coding gain was achievable at a BER
of 10 for a four-state trellis code and 4 dB by an eight-
state trellis code in the context of the adaptive scheme over
Rayleigh fading channels, while a 128-state code performed
within 5 dB of the Shannonian capacity limit. The beneﬁts
of automatic repeat request (ARQ) in adaptive modems were
quantiﬁed by the Japanese teams from Osaka and Tokyo [10],
while some of the latency aspects were addressed in [22].
It has also been shown [23] that Powell’s optimization [24]
may be employed to ﬁnd the appropriate modulation switching
SNR, in order to ensure that BER’s of 1 10 and 1
10 are maintained for average channel SNR’s in the range
of 0–50 dB over a Rayleigh fading channel. For the lower
delay, higher BER speech system and the lower BER, higher
latency data system two different sets of optimum switching
SNR’s were designed, which maintained the above mean- and
peak-BER’s, respectively. The corresponding switching SNR’s
, , , and are shown in Table I.
The average throughput of an adaptive modulation
scheme, which is expressed in BPS, was derived for a Rayleigh
fading channel in [19]
(2)
where
(3)
is the probability density function (PDF) of the received SNR
and is the average received SNR,
provided that the instantaneous signal amplitude is Rayleigh
distributed, obeying [25]
(4)
while is the average signal power. The individual terms in
(2) correspond to the 1-, 2-, 4-, and 6-b/symb modem modes
used between the corresponding thresholds of Table I. In this
contribution, the actual average number of transmitted bits per
symbol is kept below the BER-speciﬁc maximum value in
order to be able to invoke more robust, but lower capacity
and reduced-latency modem modes using the techniques to be
highlighted during our further discourse.
Following a brief discussion on the latency problem and
buffering in Section II our simulation model is described in
Section III and the system’s latency performance is charac-
terized in Section IV. Then frequency hopping and statistical
multiplexing are introduced in Sections V and VI, as two
countermeasures exhibiting different properties, in order to
mitigate the associated latency. Finally, Section VII provides
a comparison with conventional ﬁxed modulation schemes,
before concluding in Section VIII.
II. THE LATENCY PROBLEM
An appropriate technique to manage the variable throughput
intrinsic to adaptive modulation is to implement a buffer
between the channel codec and the modulator. The buffer
holds data when the channel conditions result in a low-
throughput, low-order modulation scheme being employed.
When the channel conditions improve and high-order mod-
ulation schemes are employed, the buffer can be emptied. In
order to make the system’s operation plausible, as a stylized
illustrative example, the instantaneous “fullness” of the buffer
and the effective BPS performance computed from
(2) are shown in Fig. 1(a) as a function of the transmission
frame index and average channel SNR, respectively. Our
simulation model is the subject of the next section and hence
at this early stage of our discussions it is premature to state
quantitative system-performance details, apart from the fact
that the buffer length has ramiﬁcations as to system latency.
Throughout our experiments we used normalized Doppler
frequencies, in order to render our results more generically
applicable to other systems. We note that normalization was
carried out by multiplying the Doppler frequency expressed
in hertz with the transmission frame duration of 4.615 ms, a
practical value used for example in the global system of mobile
communications, known as the global system for mobile
communication (GSM) [31], [32]. Lower normalized Doppler
frequencies result in higher temporal channel correlation,
which is exploited in order to estimate the channel quality and,
therefore, to employ the most appropriate modulation scheme.
Ironically, very low-Doppler channels result in prolonged
fades that contribute to the adaptive modulation’s latency.
For given average channel conditions the average BPS
performance of an adaptive modulation scheme in a Rayleigh
fading channel is characterized by (2). In practice, if a buffer
is to be employed, the average throughput must be less
than this performance limit, in order to prevent a buffer-
length buildup, which would result in increased latency in
interactive speech or video communications. Therefore, it
is assumed that the average number of transmitted bits per
symbol period is given by , allowing us to deﬁne theTORRANCE AND HANZO: LATENCY AND NETWORKING ASPECTS OF ADAPTIVE MODEMS 1241
(a) (b)
Fig. 3. CDF of delay expressed in terms of 4.615-ms frames for (a) speech and (b) computer data transmission with ￿ of 0.6 and various normalized
Doppler frequencies.
(a) (b)
Fig. 4. Delay over a Rayleigh fading channel as a function of the normalized Doppler frequency for ￿=0 :6 and 0.8, assuming average channels SNR’s
of 10, 20, 30, 40, and 50 dB: (a) proportion of transmitted bits in speech system experiencing four or fewer frames latency and (b) mean delay of bits
expressed in terms of the number of frames for the computer data system.
(a) (b)
Fig. 5. Delay over a Rayleigh fading channel as a function of the average channel SNR for ￿ values of 0.6, 0.7, and 0.8 and for normalized Doppler
frequencies of 0.004170 (slow) and 0.133427 (fast): (a) proportion of transmitted bits in speech system experiencing four or fewer frames latency and (b)
mean delay of bits expressed in terms of the number of frames for the computer data system.
frequencies, the transmission scheme changes more frequently
and the latency is reduced.
For the speech system a maximum of four-frames latency
introduced by the modem was considered acceptable, which
corresponded to less than 20 ms, or one typical linear predic-
tive analysis speech coding frame duration [39]. The delay
CDF’s of Fig. 3 were processed in order to determine the
proportion of bits that were transmitted within the acceptable
four-frame latency. For the computer data system no maximum
delay was imposed, instead, the mean delay was considered.
Figs. 4(a) and (b) and 5(a) and (b) illustrate these measures
of latency for both systems as a function of the normalized
Doppler frequency and average channel SNR, which are
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Speciﬁcally, Fig. 4(a) shows that an increased normalized
Doppler frequency reduces the latency. This is particularly
conspicuous when the average channel SNR is low, mani-
festing itself in a near-constant CDF gradient tending toward
unity. For high average SNR’s the Doppler frequency is less
critical, which can be conﬁrmed for example by comparing the
curves associated with the average channel SNR’s of 10 and
30 dB. This improvement results from the reduced number of
consecutive “no transmission” frames. At 30 dB, the proba-
bility of “no transmission” is very low and, therefore, even a
highly correlated, slowly fading channel results in only a few
adjacent “no transmission” frames. Although the full set of
Markovian transition probabilities are not included for reasons
of space economy, by considering these transition probabilities
this tendency can be conﬁrmed. For example, while in a slow
fading channel exhibiting a normalized Doppler frequency of
0.004170 and a rather low 10-dB average channel SNR, we
found that the probability of “no transmission” was 0.192
and the probability of remaining in “no transmission,” given
that this is the current transmission scheme was found to be
0.980. By contrast, at the signiﬁcantly higher 30-dB SNR these
probabilities became 0.0021 and 0.775, respectively, which
reﬂects the reduction in delay inferred from Fig. 5.
For average channel SNR’s in excess of 20 dB, the latency
performance shown in Fig. 4(a) is nearly always acceptable
for speech systems, irrespective of the value of the “relative
channel utilization factor” when the normalized Doppler fre-
quency is higher than 0.025. However, at lower average chan-
nel SNR’s, the value has a greater bearing upon the latency.
Therefore, in principle the speech codec could be reconﬁgured
depending upon the average channel SNR, as proposed in [40].
However, whereas in [40], the speech codec was reconﬁgured
in order to transmit the lower rate speech signal using a more
robust, but lower capacity modem mode, in our current system
it would be reconﬁgured in order to reduce the latency inﬂicted
by the lower average channel SNR experienced.
Observing Fig. 4(b) now reveals that the mean delay for
the computer data system is also reduced, as the normalized
Doppler frequency increases. It is interesting to note that for
all values and for all average channel SNR’s the shape
of the curves in the ﬁgure is similar. Bearing in mind the
logarithmic nature of the axis, this ﬁgure again shows
that the increased decorrelation of higher Doppler-frequency
channels has greater effect upon the latency of systems under
low average channel SNR conditions. Furthermore, most of
the delay-reduction is observed due to the initial increases in
normalized Doppler frequency, whereas for values in excess
of about 0.02 the curves become more ﬂat.
Fig. 5(a) shows how the latency performance of our fastest
and slowest experimental fading channels, associated with the
Doppler frequencies of 0.004170 and 0.133427, respectively,
converge at high average channel SNR’s, irrespective of the
values. This is because the instantaneous channel SNR
is virtually always greater than and, therefore, nearly
always square 64 QAM is employed, irrespective of the
normalized Doppler frequency. At 20-dB average channel
SNR, the latency is almost independent of for the faster
fading channel, while for the lower fading rate there is nearly
a factor of two performance difference between values of
0.6 and 0.8.
Fig. 5(b) shows the convergence in latency performance for
both fading rates at high average channel SNR’s. The ﬁgure
also suggests that an increased average channel SNR results
in more signiﬁcant beneﬁts in terms of latency performance
for slower fading by exhibiting a steeper gradient. However,
the increased additional average channel SNR also increases
the average BPS performance ( ) as shown in Fig. 1(b). In
this context, increasing the average channel SNR reduces the
latency, while increasing the throughput.
In summary of our previous discourse, the latency ram-
iﬁcations of adaptive modulation in a variety of scenarios
have been considered. The following two sections consider
techniques mitigating the latency introduced by adaptive mod-
ulation.
V. FREQUENCY HOPPING
The results above show that reduced correlation in the
fading channel reduces latency in an adaptive modulation
scenario, although it degrades the quality of the channel
estimation due to the more rapidly evolving fading envelope.
The correlation may be reduced by including frequency hop-
ping into the system. This has no adverse effects upon the
channel estimation when it is performed using the previously
mentioned “passive reception,” where the estimated TDD
uplink timeslot’s channel quality is inferred from passively
evaluating the quality of the preceding downlink timeslot. The
other advantage of decorrelating the fading is that the PDF
of the instantaneous BER will have a lower variance and,
hence, will be more concentrated around the average BER
experienced by the source-coded frames, since the amount of
time spent in a deep fade is statistically speaking limited to
a single burst, rather than inﬂicting long strings of high-BER
frames. This vindicates the decision to use the mean BER
switching SNR’s, from Table I for these experiments rather
than the peak BER switching SNR’s.
The proposed frequency hopping scheme was simulated
assuming independent fading channels, with a frequency
hop every TDD frame. All of the previous experiments were
repeated employing and fading chan-
nels. Fig. 6(a) and (b) shows the effect of independent
frequency-hopped channels upon the latency of the speech
and computer data transmission systems, for 10 and 20-dB
average channel SNR’s, values of 0.6 and 0.8, as well
as for normalized Doppler frequencies of 0.004170 (slow)
and 0.133427 (fast). Note in the ﬁgure that bold markers
correspond to slow and hollow ones to fast fading. These
ﬁgures reveal that signiﬁcant delay reductions may be achieved
by introducing frequency hopping to an adaptive modulation
scheme. Ten hopping frequencies allow virtually all bits under
all circumstances in the speech system to exhibit less than
four-frames latency. Observe in Fig. 6(b) for the computer
data system that all mean delays are reduced below 20 frames,
which is equivalent to 92 ms. The frequency hopping rate of
ms hops/s is identical to that of the GSM
system and at this slow hopping rate the synthesizer design
does not constitute a serious challenge. In the next section,1244 IEEE TRANSACTIONS ON VEHICULAR TECHNOLOGY, VOL. 48, NO. 4, JULY 1999
TABLE IV
NUMBER OF USERS THAT CAN BE ACCOMMODATED IN RAYLEIGH FADING WHEN ALL USERS EXPERIENCE THE SAME AVERAGE
CHANNEL SNR FOR A RANGE OF NORMALIZED DOPPLER FREQUENCIES USING STATISTICAL MULTIPLEXING WITH 99%
OF FRAMES BEING DELAYED LESS THAN THE DURATION OF FOUR FRAMES. THE CONTENTION PERMISSION PROBABILITY IS p
TABLE V
NUMBER OF USERS THAT CAN BE ACCOMMODATED IN RAYLEIGH FADING WHEN ALL USERS EXPERIENCE THE SAME AVERAGE
CHANNEL SNR FOR A RANGE OF NORMALIZED DOPPLER FREQUENCIES USING STATISTICAL MULTIPLEXING WITH 95%
OF FRAMES BEING DELAYED LESS THAN THE DURATION OF FOUR FRAMES. THE CONTENTION PERMISSION PROBABILITY IS p
(a) (b)
(c) (d)
Fig. 7. Proportion of speech frames delayed more than four frames for contention permission probabilities of p =0 :1; 0:2; ￿￿￿0.9, for a ￿ value of 0.8
with various average channel SNR’s and a range of normalized Doppler frequencies: (a) 15 users with 20-dB average channel SNR, (b) 20 users with 20-dB
average channel SNR, (c) 25 users with 20-dB average channel SNR, and (d) 25 users with 30-dB average channel SNR.
Fig. 2. Employing two rather than one control slots allows
us to accommodate strong channel coding and to exploit the
otherwise unused 32nd uplink slot duration.
The performance of the statistical multiplexing scheme is
considered in more detail at SNR’s of 20 and 30 dB in Fig. 7.
Fig. 7(a) shows that a high-contention permission probability
increases the delay, since there are too many packet collisions
and renewed contentions. However, a large has greater
negative effect at 0.025 normalized Doppler frequency than
at 0.0042. This is because at very low normalized Doppler
frequencies the modulation scheme employed on a particular
base-station to mobile-station link changes very infrequently.
Therefore, the modem mode does not change frequently and
hence, extra slots are rarely required and consequently con-
tention rarely occurs. However, as the normalized Doppler
frequency increases, slots in the frame are exchanged between
users more frequently and the probability of contention in-
creases. This increase in contention is superimposed on theTORRANCE AND HANZO: LATENCY AND NETWORKING ASPECTS OF ADAPTIVE MODEMS 1247
TABLE IX
THE FRAME ERROR RATE (FER) DUE TO NOISE,D ROPPED ERROR RATE (DER), AND TOTAL ERROR RATE (TER) FOR STATISTICALLY MULTIPLEXED
BLOCK-CODED ADAPTIVE MODULATION SCHEME USING THE PEAK AND MEAN BER SWITCHING SNR’SA TTWO VELOCITIES
Fig. 8. The average channel SNR required to support a given number of
users with ﬁxed and adaptive modulation on the basis of the comparative
study. The adaptive performance is shown for the “slow” fading channel, and
it is hence labeled as “worst case.”
ﬁxed scheme the DER is zero, and therefore all errors
are caused by corruption, rather than delay. This has the
advantage that since systematic block codes are used,
the decoder can output the received information bits,
rather than erroneously decoding them when the code
is overloaded. Alternatively, the overloaded block may
be ignored at the receiver. Either way, without the use
of automatic repeat request (ARQ) techniques, which
exhibit an associated delay, redundancy, and additional
complexity, the transmitting source encoder does not
know the condition of the received block. With adaptive
modulation and the peak switching SNR’s the FER can
become very low, as seen in Table IX, and the DER ap-
proximates the TER. As a consequence of this, assuming
an FER and with the knowledge of when packets are
dropped, it possible for the source encoder to have near-
perfect knowledge of what is received at the decoder.
This is useful in preventing the propagation of errors
resulting from the encoder ignorantly assuming that its
local decoded state is the same as the decoded state at
the other end of the link.
• The results for the ﬁxed modulation were evaluated using
BPSK, QPSK, square 16, and 64 QAM. The optimum
operating SNR range of these ﬁxed schemes is based
around a particular SNR value. If the average channel
SNR increases, the BER performance will improve, and
if the average channel SNR reduces the BER performance
will deteriorate. There is no capacity for reassigning the
number of slots to a user, as the average channel SNR
varies. Without this reassignment every ﬁxed modulation
user will potentially require a margin of SNR to protect it
against reducing average channel SNR’s. Furthermore, as
the average channel SNR increases, the lack of capacity
to reassign slots results in fewer users being supported
than possible. Slot reassignment is possible for the ﬁxed
modulation schemes [41], however, it incurs an additional
transceiver reconﬁguration capability beyond the scope of
this work.
Fig. 8 shows that adaptive modulation increases the number of
users that can be supported at a given average channel SNR
over a Rayleigh fading channel when compared with ﬁxed
modulation. Although all of the points in Fig. 8 achieve the
TER of 1%, the illustration does not show by what margin this
target is achieved. To rectify this, Fig. 9 considers the TER for
the adaptive and ﬁxed modulation schemes from Fig. 8. The
number of users is, therefore, a variable in Fig. 9, however, the
number of users supported by the adaptive schemes is always
equal or greater than the number of users supported by the
ﬁxed schemes, as was shown in Fig. 8.
Considering Fig. 9(a) it can be seen for the slow fading
channel that with the exception of one value the adaptive
scheme results in a higher integrity in terms of TER than
the ﬁxed scheme. Furthermore, for the slow fading channel
there is no clear advantage in using either the peak or mean
BER adaptive switching SNR’s. At the higher speed seen in
Fig. 9(b), both sets of switching SNR’s show even greater
improvements over the ﬁxed schemes and there is a marked
advantage in using the peak BER switching SNR’s. The mean
and peak switching SNR’s result, respectively, in up to a
factor of three or 30 reduction in TER, respectively. The
peak BER switching SNR’s are preferable for the faster fading
channel to the mean BER switching SNR’s because the DER
becomes negligible for both sets of switching thresholds, as
the channel correlation is reduced. Therefore, the TER tends
to the FER, which is much lower for the peak BER switching
SNR’s.
The net result of Figs. 8 and 9 is that adaptive modulation
improves the quality of the link expressed in terms of TER,
while accommodating additional users. In conclusion, we note